Abstract-this paper describes the Arabic system synthesis on hidden Markov models (HTS). Our developed synthesis system uses phonemes as HMM synthesis unit, Arabic database was developed for the first test. The main objective is to maintain the consolidated text coherence which is interpreted by concatenating HMM phoneme. In our experiments, spectral properties were represented by Mel cepstrum coefficients. For the waveform synthesis, a noise or pulse excited corresponding MLSA filter was utilized. Besides that basic setup, a high-quality analysis/ synthesis system STRAIGHT was employed for more sophisticated speech representation. This method has several advantages. As it is parametric, it is possible to play on the HMM parameters, change the producer voice characteristics. The developed model improves the speech synthesis, naturalness and intelligibility quality in the Arabic language environment.
INTRODUCTION
Speech is the most important form of communication in everyday life. The goal of synthesis systems is to provide the users with spoken output by generating speech from text. Speech synthesis is used in several applications. Speech synthesis methods can be divided into four categories [24, 25, 26, and 27] : Articulatory synthesis, formant synthesis, concatenative synthesis and Statistical Synthesizers. Statistical parametric speech synthesis is a relatively recent approach summarized by [13] . In comparison with formant synthesizers, HMM-based speech synthesizers are also fully parametric and require a small foot print, but they have the advantage that they are fully automatic. These methods consist of mainly two parts: Procedures for selection and training of basic synthesis units and the synthesis part, where the phonetic and prosodic information are used for speech signal generation. One of the most promising methods is the use of context dependent phone models, modeled with hidden Markov model (HMM) [4, 17] . By using our experimental system, two different speech analysis/synthesis methods and speech representations are compared.
• A simple representation by Mel cepstrum coefficients by SPTK toolkit [3] .
• More sophisticated speech representation by the high-quality analysis/synthesis method STRAIGHT [15] . Recently trainable synthesis systems have been applied in Japanese [4] , English [5, 6, and 7] and in a few other languages [8, 14, and 17] . This paper is organized as follows. Section 1, describes the Arabic language form. Section 2 present the HMM system, training part and synthesis part. Section 3 describes the process followed a first realization, Arabic database and file questions. Section 4 presents the results and evaluation of the first realization and section 5 presents the concluding remarks.
Introduction to Arabic language
The Arabic language is spoken throughout the Arab world. This means that Arabic is known widely by all Muslims in the world. Standard Arabic is the language used by media and the language of Qur'an. Modern Standard Arabic is generally adopted as the common medium of communication through the Arab world today. Standard Arabic has 34 basic phonemes, of which six are vowels, and 28 are consonants [10] . Arabic vowels are affected as well by the adjacent phonemes. Accordingly, each Arabic vowel has at least three allophones, the normal, the accentuated, and the nasalized allophone. In classic Arabic, we can divide the Arabic consonants into three categories with respect to dilution and accentuation [11] . The Arabic language has five syllable patterns: CV, CW, CVC, CWC and CCV, where C represents a consonant, V represents a vowel and W represents a long vowel.
The following table represents the Arabic consonants and vowels and their phonetic compatible notion of HTS system. [21] and provides a set of free tools constituting a speech synthesis system based on HMMs. Since that date, the scientific literature has largely been dominated by the HMMs speech synthesis. This method has several advantages. As it is parametric, it is possible to play on the HMMs parameters to change the generated voice characteristics. If these changes are made wisely, it is possible to synthesize different styles and vocal characteristics from a single natural voice database. Statistical modeling is automatic and therefore, the change in style is even easier. Finally, the real time component can be added as the HMMs are well suited to dynamic changes in style. The overall structure of the speech synthesis system is shown in the following figure. It is important to keep in mind certain terms directly related to speech processing field or tools used in this work: definition
• Phoneme A minimal element, non-segmental, state phonological representation of states, and whose nature is determined by a set of distinctive features [19] . That is to say, it is the smallest constitutive phonation particle. A list of the groups of phonemes groups largest used is given in table I.
• HMMs
This term stands for Hidden Markov Models (hidden Markov models) with or without s at the end as it is put in the singular or plural. It is often used as the acronym in this document representing a modeling theory system under certain conditions.
• HTK
In this paper, HTK [20] is used to refer to a set of tools manipulate HMMs. The HTS tools that complement, HTK change so as to make profit for audio synthesis.
• Training
This term refers here to all transactions to form and configure HMMs modeled speech.
• Synthesis
This term refers to the production parameters or audio signals derived from models HMMs entrained. 
A. Notions on hidden Markov models
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B. synthesis Steps
As shown in Fig.3 
B) Synthesis 1)
In the synthesis phase, it will be necessary to specify the system you hope to synthesize.
• • The source is either a Dirac pulse train (which representing the vocal cords vibration) is a white noise (that is the turbulence in the vocal tract in the absence of the vocal cords vibration) as the previous steps generated excitation parameters are contained in information function and that generated.
• The filter, in turn, is also defined in the previous step is generated the spectral parameters. This is the shape of the vocal tract at the time of production.
III. PROCESS FOLLOWED A FIRST REALIZATION A) Database studying
The ideal is to have a database sufficiently provided with all Arabic phonemes [29] . The audio portion of the database is the only one that interested .wav format is PCM coded 16-bits at a sampling frequency of 16 kHz. To adapt the Arabic phonemes with the HTS system, we use a new presentation of phonemes, since for example the HTS system reject "?" so the phonemes will be newly encoded as shown in table I.
1) Generation of transcription files (labels)
The transcription files or labels file are files that complement the database [22] . That is to say in these text files, to find phonemes duration's information of, their neighboring phonemes and other information that will allow the machine to know the contents of the audio file. That is to say that the database provided was accompanied by text files (one for each audio file) in which there were time information to start and end phonemes constituting the audio file. These text files were generated by free software called speech processing Praat. This software allows opening an audio file to listen to pieces and set limits (start time and end time) for phonemes, which corresponds to the annotation phonemes. This operation is time consuming and must be done manually for each phoneme in each audio file.
Two types of files .lab needed. One is the so called "mono"and the other is the one called "full".
2) question files
Questions Files are text files that define the questions to the nodes of decision trees for HMM clustering. The questions that are asked for phonemes are directly related to background information provided in the label files (labels). The following figure 4 is a question file extract. 
V. CONCLUSION
In this paper, first experiments on statistical parametric HMMbased speech synthesis for the Arabic language are presented. A highly intelligible and acceptably natural sounding speech synthesis system in Arabic language has been developed. For speech representation, two different speech analysis/ synthesis are used MLSA filter and STRAIGHT. The listening test subjective evaluation test showed that speech produced by the HMM-based TTS system using STRAIGHT is of comparable quality to speech synthesized by the TTS system using SPTK.
